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(54) Multi-channel acoustic system 

(57) In a digital channel divider 1 0. a plurality of filters are connected in parallel, which can set a desired transmission 
frequency response optionally for a digital input signal, so that signals outputted from each filter are outputted 
independently. In order to flatten the amplitude characteristic of an overall transmission frequency response of each channel 
and to obtain a linear phase frequency response, an inverse filter is used wherein a time series impulse response is 
calculated based on an inverse characteristic and this time series impulse response is made to be a filter factor, and this 
filter factor and the digital input signal are calculated by convolution operations. Use is in a multi-channel amplifier system or 
multi-way speaker system. 
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ACOUSTIC SYSTEM 



The present invention relates to acoustic systems. 

Conventionally, in a multi-way speaker system using a 
plurality of combined speakers dedicated for use in a frequency 
band, for example, have been employed a system where an LC 
network comprising coils and capacitors or a multi-channel 
amplifier system where a channel divider dedicated for use in 
each frequency band (channel) is used. Both the LC network and 
the channel divider used in multi-channel amplifier systems have 
such a function that the audible frequency band is divided into 
some necessary frequency bands and acoustic signals are supplied 
to the speaker dedicated for use in corresponding frequency 
bands . 

In the multi-channel amplifier system, a digital version of 
channel divider comprising electronic circuits has been worked 
out. Fig. 21 is a block diagram which shows one embodiment of 
channel divider disclosed in the Japanese Utility Model 
Publication No. 2-6673- Fig e 21 illustrates an example of 
speaker systems based on the above-mentioned multi-channel 
amplifier system. In Fig, 21, reference numbers 2, 2i,22, o.«2n 
represent a plurality of power amplifiers and 3, 3i,32, o„o3n 
represent a plurality of speaker units and also 4 represents a 
channel divider. (frequency band dividing circuit) comprising a 
plurality of linear-phase FIR type filters 4i, 42, oo„4no 
Reference numbers 4u, 4 2 i , .oo4nn each represent a plurality of 
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filter-factor variable devices which are operating means to give 
a filter factor in order to give a desired frequency-band 
dividing characteristics to the above-mentioned linear-phase FIR 
type filters. Reference numbers 5, 5i , 52/ . ..5n represent a 
plurality of D/A converters. 

In the above-mentioned multi-way speaker system, digital 
signal inputs are applied to the channel divider 4, in which 
those input signals undergo convolution operations with the 
filter factor of the filter factor variable devices 4 11,422, 

...4nn by the linear phase FIR type filters 4i , 42, ...4nn, so 
that the system may be given desired frequency band dividing 
characteristics. Next, the outputs of the linear phase FIR type 
filters 4, 4i , 42,.... 4n are each converted into analog signals 
at the corresponding D/A converters 5, 5i , 52, ...5n. Those 
analog signals are then amplified to a predetermined level at the 
power amplifiers 2, 2i , 22, ...2n, so that they can be converted 
to sounds at the speaker units 3, 3i , 32, ...3n. 

As described above, since the multi-way speaker system uses 
the linear-phase FIR type filters 4, 4i , 42, ...4n, the sound 
pressure frequency characteristics of the speaker unit generally 
do not have linear phases although the linear-phase 
characteristics are held at the channel divider stage, so that 
the sound pressure characteristics obtained finally may not 
always of linear phases. As a result, the waveforms of 
reproduced sounds are distorted, which makes it difficult to 
reproduce the sounds with fidelity. 



The present invention- lias been worked out to solve the 
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above-mentioned problems. With this, the object of the present 
invention is to obtain such an acoustic system which enables both 
fidelity-wise transmission and fidelity-wise reproduction of the 
acoustic signals of each channel. This object is possible by, 
simultaneously, flattening the amplitude characteristics of the 
overall transmission frequency response and providing the linear 
phase- frequency response for each channel. 

Any digital channel divider relating to the present 
invention is provided with means which simultaneously realizing 
the flat amplitude characteristics of the overall transmission 
frequency response and the linear phase- frequency response for 
each channel . 

The acoustic system which relates to the present invention 
implements the fidelity-wise transmission and fidelity-wise 
reproduction of acoustic signals free of waveform distortion, 
because each channel can enjoy flat amplitude characteristics of 
the overall transmission frequency response and linear-phase 
frequency response. 

The invention will be further described by way of non-limitative 
example with reference to the accompanying drawings, in which: - 



Figs. 1 through 10 are block diagrams of embodiments of 
acoustic systems according to the present invention; 

Fig. 11 is a block diagram showing the configuration of the 
i'th delay time compensating circuit which comprises a frequency 
band dividing circuit and characteristics compensating inverse 
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filters; 

Fig. 12 is a block diagram showing the configuration of the 
i'th band-dividing/inverse filter circuit in which the frequency- 
band dividing circuit and the characteristics compensating 
inverse filter including the delay compensating circuit are 
simplified; 

Fig. 13 is a block diagram showing the configuration of a 
band-dividing/ inverse filter/delay time compensating circuit in 
which the i'th frequency-band dividing circuit, characteristics 
compensating inverse filter, and delay compensating circuit 
are simplified; 

Fig. 14 is a block diagram showing the configuration of the 
section where analog signals are converted into digital signals; 

Fig. 15 is a block diagram showing the configuration of the 
overall output sound pressure characteristics compensating 
section; 

Fig. 16 is a concrete configuration of the i 1 th decimation 
circuit; 

Fig. 17 is a block diagram showing an embodiment according 
to the present invention; _ 

Fig. 18 is a characteristic curve showing the sound pressure 
frequency response and the electrical impedance characteristics 
of the electrical acoustic-wise property of general speaker 
units; 

Fig. 19 is a block diagram showing another embodiment 
according to the present invention; 

Fig. 20 is a block diagram showing a further embodiment 
according to the present invention; and 
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Fig. 21 is a block diagram showing an example of the 
conventional multi-channel amplifier type digital speaker system. 

Fig. 1 is a block diagram showing an embodiment where an 
acoustic system of the present invention is used for a multi- 
channel amplifier type speaker system. In Fig* 1, numerals 2, 2i 
22, *.*2n represent power amplifiers, numerals 3, 3i , 32 , . . , 3n 
represent speaker units, numeral 10 represents a digital channel 
divider in the present invention, numerals 4, 4i , 42, . ..4n 
represent frequency band dividing circuits as components of the 
digital channel divider 10, numeral 7 represents a characteristic 
compensating inverse filter, being a component of the digital 
channel divider 10, for realizing a flat amplitude characteristic 
of an overall transmission frequency response of each channel and 
a linear phase frequency response, numerals 7, 7i , 72, ..o7n 
represents a characteristic compensating FIR filter being a 
component of the characteristic compensating inverse filter 7, 
numerals 7i i , 722 , . . « 7nn represent inverse filter factor 
generating circuits, and numerals 5, 5i , 52, .-5n represent D/A 
converters for converting digital signals into analog signals. 

In Fig* 1, a digital input signal is firstly inducted in the 
frequency band dividing circuit 4, The frequency band dividing 
circuit 4 divides frequency band into desired frequency bands by 
means of digital filter such as FIR filter and IIR filter. 

An output signal from the frequency band dividing circuit 4 
is next inputted in the characteristic compensating inverse 
filter 7. In the characteristic compensating inverse filter 7, 
the output signal from the frequency band dividing circuit 4 and 
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the factor data of the inverse filter factor generating circuits 
7i i , 72 2 , . . .7nn undergo convolution operations by means of 
the characteristic compensating FIR filters 7i , 72, . ..7n. 

Here, The factor data of the inverse filter factor 
generating circuits 7n, 72 2 / ...7nn are set to factor data which 
give an inverse characteristic of the overall transmission 
response excepting the characteristic compensating inverse filter 
7, in a line from an input of the digital signal until a final 
arrival at a microphone 20. 

In this way, a digital signal compensated previously by the 
characteristic compensating inverse filter 7 is next converted 
into an analog signal by the D/A converter circuits 5, 5i , 
52,.. . .5n, and inducted to the speaker units 3, 3i , 32... 3n 
through the power amplifiers 2, 2i , 22... 2n. At the speaker 
units 3, 3i , 32... 3n, convolution operations of the compensated 
analog signal and an impulse response of the speaker unit is 
performed. Characteristics obtained finally counterbalance each 
other making a flat sound pressure and linear phase, thereby 
realizing fidelity-wise transmission and reproduction of the 
sound signals . 

The order of the frequency band dividing circuit 4 and the 
characteristic compensating inverse filter 7 in the row can be 
reversed, in which the operation is the same as the above. 

Fig. 2 is a block diagram showing an embodiment in which 
the acoustic system of the present invention is applied to other 
general audio system, not restricting to the multi-channel 
amplifier speaker system. In Fig. 2, numerals 6, 62,... 6n 
designate audio systems to be connected to the channel divider 
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10. Here, it is indicated generally by expressing particularly 
with the transmission response. As for other numerals, they are 
the same portions as Fig. 1 or corresponding portions thereto, 
thereby explanation thereof will be omitted. 

The operation in Fig. 2 is basically the same as Fig. 1. 
However, since the audio system 6 is generally connected to the 
D/A converter circuits 5, 5i , 5 2 ...5n, the factor data of the inverse 
filter factor generating circuits 7i i , 72 2 . * . 7nn supply data 
for giving the inverse characteristic of the overall transmission 
response excepting the characteristic compensating inverse filter 
7 until a digital input signal finally completes the operation of 
the audio system 6. A characteristic to be obtained finally is 
that the transmission response of the audio system 6 and the 
characteristic of the characteristic compensating inverse filter 
7 are counterbalanced each other making a flat amplitude and 
linear phase, thereby realizing fidelity-wise transmission and 
reproduction of the sound signals. 

Needless to say, the digital channel divider of the present 
invention can be widely applied to devices which operate by 
dividing the frequency band in the digital signal system or to 
devices which take out desired frequency bands, other than to 
said audio systems. 

As described above according to the present invention, a 
flat amplitude characteristic of the overall transmission 
frequency response of each channel and a linear phase frequency 
response are realized simultaneously, so that the sound signals 
can be transmitted and reproduced without distortion. 

Next, other embodiment of the present invention will be 
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explained. Fig. 3 is a block diagram showing an embodiment of 
the acoustic system, particularly of the multi-channel amplifier 
type speaker system according to the present invention. In the 
Figure, numeral 2 represents power amplifier including a 
plurality of power amplifiers 2i , 22, . ..2n. Numeral 3 
designates speaker unit including a plurality of speaker units 

3 X , 32 3n. Numeral 4 represents a band dividing circuit 

comprising a plurality of linear phase FIR filters 4i , 42... 4n 
and a plurality of filter factor generating circuits 4i i , 
42 2...4nn for giving desired frequency dividing characteristics 
to the linear phase FIR filters. Numeral 5 represents a D/A 
converter circuit including a plurality of D/A converters 5i , 
52... 5n. Numeral 6 represents an A/D converter circuit including 
a plurality of A/D converters 6i , 62... 6n. Numeral 7 represents 
an inverse filter for flattening the output sound pressure 
characteristics, consisting of a plurality of FIR type filters 
7i , 72... 7n and a plurality of inverse filter factor generating 
circuits 1\\ , 722 ... 7nn. Numeral 8 represents a delay time 
compensating circuit including a plurality of delay time 
compensating circuits 81, 82... 8n, and numeral 20 designates a 
microphone. 

In Fig. 3, an analog input signal is converted into a 
digital signal by the A/D converter circuit 6. In this 
embodiment, each channel is provided with the A/D converter 
circuit, and those having same sampling frequency can be used in 
common. Next, a digital output signal of the A/D converter 
circuit 6 is inducted into the band dividing circuit 4. In the 
band dividing circuit 4, by the linear phase FIR filters 4i , 
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42... 4n, convolution operations are performed between signals 
from the filter factor generating circuits 4n, 4 22 ...4nn and 
the digital output signal in order to obtain a predetermined 
frequency band dividing characteristic, so as to divide into the 
desired frequency bands. The digital signal obtained as a result 
of the convolution operations is further inducted to the inverse 
filter 7 for flattening the output sound pressure characteristic 
of each speaker unit and, as well as the band dividing 
circuit 4, the convolution operation is performed between the 
signals from the inverse filter factor generating circuits 7n, 
7 22 ...7nn by the FIR filters 7i , 7 2 ...7n so as to compensate the 
output sound pressure characteristic. 

The signal passed through the band dividing circuit 4 and 
the inverse filter 7, from independent standpoint of each 
channel, provide a linear phase (constant delay time) and a flat 
output sound pressure characteristics having the frequency band 
dividing characteristic by employing the linear phase FIR filter 
and by adapting the inverse filter. However, the delay time and 
the phase among the channels do not coincide generally. 
Therefore, it is necessary that the signal passed through the 
inverse filter 7 is inducted to the delay time compensating 
circuits 8i, 8 2 ... 8n and the differences of the delay times and 
the phases among the channels are compensated. The delay times 
of the delay time compensating circuits 81, 82... 8n are to be 
adjusted so that the overall delay time, being added delay times 
ti,t 2 ...tn caused by the acoustic wave propagation from the 
speaker units 3i , 3a . . . 3n to the microphone 20. coincides with 
the overall phase. That is, the delay time differences can be 
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compensated on the basis of one of the delay time compensating 
circuits 81, 82... 8n. 

The digital signal compensated at the delay time 
compensating circuit 8 is converted into the analog signal at the 
D/A converter circuits 5i , 52... 5n and inducted to the speaker 
units 3i , 32... 3n through the amplifiers 2i , 22 . . . 2n for sound 
radiation. Thus, the problems in the conventional systems such 
as irregularity of the delay times of radiation sounds, phase 
deviation, and disorder of the overall output sound pressure 
characteristic resulted therefrom are solved, so that a multi- 
channel amplifier type speaker system for performing fidelity- 
wise reproduction of the sounds can be provided. 

The A/D converter circuit 6, band dividing circuit 4, 
inverse filter 7, delay compensating circuit 8, and the D/A 
converter circuit 5 form a digital signal processing circuit 
section for controlling the characteristics according to the 
present invention* This section corresponds to the conventional 
channel divider for dividing the frequency band. However, the 
present invention largely differ from the conventional divider in 
that this section is a circuit which not only divides the 
frequency band but also compensates the characteristics and delay 
times. Needless to say, the order in the row of the band 
dividing circuit 4, inverse filter 7, and delay time compensating 
circuit 8 can be changed. The delay compensating circuit can be 
omitted if the delay time is zero second. 

Figs. 4 and 5 are block diagrams showing other embodiment of 
the multi-channel amplifier type speaker system in the present 
invention. In Figs. 4 and 5, the same reference numbers are 
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marked for the same or corresponding portions od the Fig. 3. 

In Figs. 4 and 5, a different point from Fig. 3 is that the 
structure of the delay time compensating circuit 8 is explained 
concretely. In Fig. 4, the delay time compensating circuit 8 is 
consisted of the delay control circuits 8i , 8 2 ...8n and buffer 
memories 811, 8 22 ...8nn for storing signal data temporarily. 
In Fig. 2, the digital signal led from the inverse filter 7 is 
stored temporarily in the buffer memories 8i i , 8 22 ...8nn by the 
delay control circuits 8i , 8 2 ...8n, and then this data is 
called after a fixed time. Thus, if the delay control circuit 
and the buffer memory are employed, the delay time compensating 
circuit 8 can be miniaturized. 

On the other hand, in the embodiment shown in Fig. 5, the 
delay time compensating circuit 8 is consisted of the linear 
phase FIR filters 9i , 9 2 ...9n and the delay factor generating 
circuits 9i i , 9 22 ...9nn. The digital signal led from the 
inverse filter 7 undergoes the convolution operation with the 
signals from the delay factor generating circuits 9i x , 9 22 ...9nn 
by the linear phase FIR filters 9i , 9 2 ...9n, and a necessary 
delay is added thereto. Thus, .when the linear phase FIR filter 
and the delay factor generating circuit are used, the structure 
becomes same as the band dividing circuit 4 and the inverse 
filter 7, so that the circuit design will be simplified. 

Fig. 6 is a block diagram showing a simplified embodiment of 
the digital signal processing circuit of the multi-channel 
amplifier type speaker system according to the present invention. 
From the embodiment shown in Fig. 3, since it is apparent that the 
basic circuit structures of the band dividing circuit 4 and the 
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inverse filter 7 are the same, if the factor data of the 
filter factor generating circuits 4n, 422... 4nn and the factor 
data of the inverse filter factor generating circuits 7n, 72 2 

...7nn undergo convolution operation, and the resulted 
factor data (band dividing/inverse filter factor) undergoes the 
convolution operation with the input signal data from 
the A/D converter circuit 6, the band dividing circuit 4 can be 
integrated with the inverse filter 7. The embodiment shown in 
Fig. 6 is a block diagram where such a integration is performed, 
which aims simplification of the digital signal processing 
circuit. - 

In the same manner, Fig. 7 is a block diagram showing other 
embodiment of a simplified digital signal processing circuit of 
the multi-channel amplifier type speaker system according to the 
present invention. In Fig. 7, factor data of the filter factor 
generating circuits 4n, 42 2 ...4nn, factor data of the inverse 
filter factor generating circuits 7n, 722... 7nn, and factor 
data of the delay factor generating circuits 9n, 922... 9nn are 
calculated by convolution operations. The resulted factor 
data (band dividing/inverse filter/delay compensating factor) is 
calculated by the convolution operation with the input signal 
data from the A/D converter circuit 6, so that the band dividing 
circuit 4, the inverse filter 7 and the delay compensating 
circuit 8 are to be integrated. In this case, the circuits can 
be further simpler than the embodiment shown in Fig. 6. As for 
the delay time compensating circuit 8, as shown in Fig. 4, it is 
effective only when it is consisted of the linear phase FIR 
filters 9i , 92 9n and the delay factor generating circuit 9i i 
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92 2 . . . 9nn. 

In the multi-channel amplifier type speaker system according 
to the present invention shown in Figs. 4 and 7, a flat output 
sound pressure characteristic and a linear phase (constant delay 
time) are implemented in relation with the radiation sounds from 
the speakers. Further, the delay times of the radiation sounds 
from the speakers 3i , 3 2 ...3n are made to be coincident, so 
that a multi-channel amplifier type speaker system which provides a 
highly fidelity-wise sound reproduction can be implemented, 
when the finally obtained overall output sound pressure 
characteristic can not be flattened as desired yet due to design 
error and the like or when the overall output sound pressure 
characteristic is to be optionally changed, as shown in Fig. 8, 
an overall sound pressure characteristic compensating linear 
phase FIR filter 13 and an overall sound pressure characteristic 
. compensating factor generating circuit 14 are provided at the 
stage prior to the band dividing circuit 4, thereby enabling fine 
controls of the characteristics. As for the overall sound 
pressure compensating factor generating circuit 14 shown in Fig. 
8, when the overall output sound pressure characteristic is to be 
flattened, the factor data which give an inverse characteristic 
of the overall sound pressure characteristic as the overall sound 
pressure characteristic compensating factor generating circuit 14 
may be used. When the characteristic is to be optionally 
changed, the compensating factor data for compensating the 
overall sound pressure characteristic is necessary to be 

calculated and used. 

As described above, the multi-channel amplifier type speaker 
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system of the acoustic system according to the present invention 
uses the digital signal processing circuit for controlling the 
characteristics instead of the conventional channel dividers for 
dividing the frequency band. The system of the present invention 
is further provided with the band dividing circuit for each 
frequency band, the inverse filter for flattening the output 
sound pressure characteristic of the speaker, and the delay time 
compensating circuit for compensating the delay times among the 
channels, so that the output sound pressure characteristic of the 
radiation sound from the speaker is compensated, the delay time 
differences and phase differences are compensated, and the output 
sound pressure characteristic of the overall radiation sound is 
flattened. As a result, the present invention has an advantage 
to implement a speaker system where a high fidelity-wise sound 
reproduction can be provided without producing the sound pressure 
distortion. 

Fig. 9 is a block diagram of other embodiment of the 
acoustic system of the present invention, particularly of the 
multi-channel amplifier type speaker system. Referring to Fig. 
9, numerals 1, I2 ... In designate decimation circuits for 
reducing the sampling frequency of the digital input signal, 
numerals 2, 2i , 2z...2n designate power amplifiers, numerals 3, 
3i , 32... 3n designate speaker units, numeral 4 represents a 
frequency band dividing circuit, numerals 4i , 42... 4n represent 
linear phase type FIR filters as components of the frequency band 
dividing circuit 4, numerals 4i i , 422... 4nn designate frequency 
band dividing circuit factor generating circuits, numerals 5, 5i , 
52... 5n designate D/A converter circuits for converting digital 
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signal into analog signal, numeral 7 represents a characteristic 
compensating inverse filter for implementing a flat sound 
pressure characteristic of the speaker unit 7 and a linear phase 
characteristic, numerals 7i , 7 2 ...7n represent characteristic 
compensating FIR filters composing the characteristic 
compensating inverse filter 7, numerals 7i i , 7 22 ...7nn 
represent inverse filter factor generating circuits, numeral 8 
designates a delay time compensating circuit, numerals 81,82 
delay time compensating circuit 8, numerals 811, 82 2 . . - 8nn 
represent delay time setting memories, and numeral 20 designates 
a microphone. 

As for numerals 4, 4i , 4 2 ...4n and 4i 1 , 4 22 ...4nn in 
Fig. 9, the contents are the same as in Fig. 21 although the 
expression differs from that of Fig. 21. 

In Fig. 9, digital signals are inputted firstly in the 
decimation circuits 1, l 2 ...ln. At this time, the decimation 
circuit can be omitted in the channel where the signal processing 
is performed by using the sampling frequency same as the input 
signal. Generally, input data is thinned out so as to make a 
lower frequency than a sampling frequency of an input signal. 
The object of the decimation is to obtain a frequency resolution 
most effective in the frequency bands pertaining to respective 
channels. 

The output signal of the decimation circuit 1 is next led to 
the frequency band dividing circuit 4. In the frequency band 
dividing circuit 4, a convolution operation is performed between 
a predetermined signal from the frequency band dividing circuit 
factor generating circuits 4i 1 , 4 22 ...4nn and the above- 
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mentioned digital output signal by means of the linear phase type 
FIR filters 4i , 42... 4n, thereby the frequency band is divided 
into the desired frequency bands. 

The digital signal obtained by the convolution operation 
is further led to the characteristic compensating inverse filter 
7 for flattening the output sound pressure characteristic of the 
respective speaker units, and as well as the frequency band 
dividing circuit 4, a convolution operation is performed between 
the signal from the inverse filter factor generating circuits 7i i 
/ 72 2...7nn by means of the characteristic compensating FIR 
filters 7i , 72... 7n, thereby compensating the output sound 
pressure characteristic . 

The signal passed through the frequency band dividing 
circuit 4 and the characteristic compensating inverse filter 7 
implements the linear phase (constant delay time) and flat output 
sound pressure characteristics having the frequency band dividing 
characteristic at respective channels, by adapting the linear 
phase type FIR filter and the characteristic compensating inverse 
filter, being combined with respective speaker units. However, 
the delay times and phase differences among the channels do not 
coincide generally. Therefore, it is necessary that the signal 
passed through the characteristic compensating inverse filter is 
next led to the delay time compensating circuit 8 to compensate 
the delay times and the phase differences among the channels. 

In this method, taking the delay times ti , t2...tn due to 
the sound wave propagation from the speaker units 3, 3i , 32, 
the delay processing circuit sections 8i , 82 •••8n and the delay 
time setting memories 811, 822... 8nn are adjusted so that the 
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overall delay times and the overall phases from the decimation 
circuit 1 to the microphone 20 coincide among the channels. 
Concretely, a delay time can be set on the basis of one of the 
delay processing circuit sections 8i , 82...8n so as to 
compensate delay time differences. 

The delay time setting memories 8n,. 82 2...8nn are memory 
means for storing the inputted digital signals temporarily and 
the delay processing circuit sections 81, 82 ..o8n are calling 
means for calling stored memories after a fixed time. 

The digital signal compensated at the delay time 
compensating circuit 8 is converted into an analog signal at the 
D/A converter circuits 5, 5i , 52. ..5n and led to the speaker 
units 3, 3i , 3 a , ..3n through the power amplifiers 2, 2i , 22 

...2n so as to perform a sound radiation. Thus, the problems in 
the conventional systems such as irregularity of the delay times 
of the radiating sound, phase deviations, resulting disorder of 
the overall output sound pressure characteristics can be solved, 
thereby enabling a high fidelity-wise reproduction of the sound. 

Needless to say, the D/A converter circuits 5, 5i , 52... 5n 
comprise lowpass filters for eliminating unnecessary high 
frequency band components. The order in the row of the frequency 
band dividing circuit 4, characteristic compensating inverse 
filter 7, and the delay time compensating circuit 8 may be 
changed. Further, if the delay time difference among the 
channels is zero second, the delay time compensating circuit 8 
may be eliminated. 

Fig. 10 is a block diagram showing other embodiment of the 
acoustic system, particularly of the multi-channel amplifier type 
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speaker system according to the present invention. Referring to 
Fig. 10, numerals 6, 62... 6n designate interpolation circuits 
for turning back sampling frequency to input signal frequency. 
Descriptions for other reference numbers will be omitted since 
they are the same parts as Fig. 9 or corresponding to the same. 

Referring to Fig. 10, a point different from Fig. 9 is that 

the interpolation circuits 6, 62 6n are provided. Naturally, 

the interpolation circuits are not necessary for channels which 
do not perform the decimation operation. 

The operation in Fig. 10 is basically same as Fig. 9. 
However, by providing the interpolation circuit 6, the sampling 
frequency can be set identically with input signals. 
Accordingly, the D/A converter circuits 5, 5i , 52 . . . 5n can use 
circuits constructed in the same manner, resulting in 
simplification of the structure. 

Fig. 11 is a block diagram showing other embodiment of the 
delay time compensating circuit 8 used in the acoustic system, 
particularly in the multi-channel amplifier speaker system, 
according to the present invention, including i ' th frequency band 
dividing circuit 4 and characteristic compensating inverse filter 
7. Here, Fig. 11 is illustrated with i'th component. 

The digital signal led from the characteristic compensating" 
FIR filter 7 undergoes convolution operations with the signal 
from the delay time compensating factor generating circuit 9i i by 
means of delay time compensating linear phase type FIR filter 9i , 
and necessary delay is added. Thus, if the linear phase type FIR 
filter 9i and the delay time compensating factor generating 
circuit 9ii are used, there is an advantage that the circuit 
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construction will be simplified same as the constructions of the 
frequency band dividing circuit 4 and the characteristic 
compensating inverse filter 7. • 

Fig. 12 is a block diagram showing a simplified embodiment 
of i'th frequency band dividing circuit 4 and characteristic 
compensating inverse filter 7 used in the acoustic system, 
particularly in the multi-channel amplifier speaker system, of the 
present invention, including the delay time compensating circuit 
8. Here, Fig. 12 is illustrated with i'th component. 

As shown in Fig. 9, basic circuit structures of the 
frequency band dividing circuit 4 and the characteristic 
compensating inverse filter 7 are the same. Accordingly, factor 
data of the frequency band dividing circuit factor generating 
circuit 4n and factor data of the inverse filter factor 
generating circuit 7i i are previously calculated by convolution 
operations. When the factor data (factor for band 
division/inverse filter) obtained from the convolution operations 
undergoes convolution operations with the digital input signal, 
the frequency band dividing circuit 4 and the characteristic 
compensating inverse filter 7 can be integrated. Fig. 12 is an 
illustration showing this integration which aims simplification 
of the circuits. 

Fig. 13 is a block diagram showing a simplified embodiment 
of i'th frequency band dividing circuit 4, characteristic 
compensating inverse filter 7, and the delay time compensating 
circuit 8 used in the acoustic system, particularly in the multi- 
channel amplifier speaker system, according to the present 
invention. Here, Fig. 13 illustrates i'th component. 
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As shown by the block diagram in Fig. 11, the configuration 
of the delay time compensating circuit 8 is the same as the 
circuit configurations of the frequency band dividing circuit 4 
and the characteristic compensating inverse filter 7. 
Accordingly, the factor data of the frequency band dividing 
circuit factor generating circuit 4i i , factor data of the inverse 
filter factor generating circuit la, and the factor data of the 
delay time compensating factor generating circuit 9i i are 
previously calculated by convolution operations. When the factor 
data (factors for band dividing/ inverse filter/delay time 
compensation) obtained from the above convolution operations 
undergoes convolution operations with the digital input signal, 
the frequency band dividing circuit 4, characteristic 
compensating inverse filter 7 and the delay time compensating 
circuit 8 can be integrated. Fig. 13 is a block diagram showing 
such an integration, which aims simplification of the circuits. 

In the acoustic system according to the present invention as 
shown in Figs. 9 through 13, it is assumed that digital signals 
are to be inputted. Accordingly, it can not be used basically 
for inputting analog signals. Fig. 14 is a block diagram showing 
an embodiment of a multi-channel amplifier type speaker system of 
the present invention which can be used also for inputting analog 
signals. In Fig. 14, those parts shown in Figs. 9 through 13 are 
omitted. 

Referring to Fig. 14, reference number 10 represents an 
anti-aliasing filter and 11 represents an A/D converter circuit. 
The anti-aliasing filter 10 eliminates unnecessary high frequency 
band components and the analog signal is converted into digital 
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signal at the A/D converter circuit 11. This digital output 
signal is used as an input signal in Figs. 9 through 13 so that 
it will be possible to use also for the analog signal input. 

As described above, in the acoustic system according to the 
present invention shown in Figs. 9 through 14, a flat output 
sound pressure characteristic and linear phase (constant delay 
time) relating to the radiation sounds from the speakers can be 
realized, and further, the delay times of the radiation sounds 
from the speaker units 3i , 3 2 ...3n are made to be coincident, 
so that a high fidelity-wise reproduction of the sounds can be 
implemented. However, when a finally obtained overall output 
sound pressure characteristic can not be flattened yet as 
required due to design error and the like or when the overall 
output sound pressure characteristic is. to be controlled to an 
optional characteristic, the overall characteristic can be 
compensated at the stage before the digital signal input in Figs. 
9 through 13 or at the stage after the A/D converter circuit 11 
in Fig. 14. 

Fig. 15 is a block diagram showing an embodiment of a multi- 
channel amplifier type speaker system according to the present 
invention, in which compensation of said overall characteristic 
is also possible. In Fig. 15, however, the those parts shown in 
Figs. 9 through 13 are eliminated as well as Fig. 14. 

Referring to Fig. 15, reference number 12 represents an 
overall characteristic compensating linear phase type FIR filter 
and number 13 designates an overall characteristic compensating 
factor generating circuit. Other reference numbers are same as 
in Fig. 14. 
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In Fig. 15, when the finally obtained overall output sound 
pressure characteristic is to be more flattened, factor data 
which give inverse characteristic of previously obtained overall 
sound pressure characteristic as factor data of the overall 
characteristic compensating factor generating circuit 13 may be 
used. When the characteristic is to be controlled optionally, 
compensating factor data for obtaining a desired overall sound 
pressure characteristic should be previously calculated to use. 
Those factor data and the digital signal output of the A/D 
converter circuit 11 are convoluted by the overall characteristic 
compensating linear phase type FIR filter 12 and delivered as a 
digital signal input in Figs. 9 through 13, thereby realizing a 
flat overall output sound pressure characteristic or a control to 
an optional characteristic. 

Although an analog signal input is shown in Fig. 15, the 
anti-aliasing filter 10 and the A/D converter circuit 11 are 
unnecessary in case of digital signal input. 

Fig. 16 is a block diagram showing a concrete configuration 
of i'th decimation circuit used in the acoustic system according 
to the present invention, which uses i 1 th component. 

Referring to Fig. 16, reference number li i designates a FIR 
type anti-aliasing filter for decimation, number In represents a 
decimation filter factor generating circuit, and reference number 
li2 designates a decimation processing section for thinning out 
digital data. 

Referring to Fig. 16, a digital signal input undergoes 
convolution operations with the factor data of the factor 
generating circuit In by means of the FIR type anti-aliasing 
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filter In , and unnecessary high frequency band components are 
eliminated at i ' th channel. Accordingly, the decimation 
processing section l i2 implements a thinning out processing of 
the digital data without loop back distortions. 

As described above, in the acoustic system of the present 
invention, the digital signal processing circuit section for 
controlling characteristics is provided instead of conventional 
channel divider for dividing a frequency band. The digital 
signal processing section is provided with the decimation circuit 
for reducing the sampling frequency for each channel, band 
dividing circuit consisted of the linear phase FIR filter, FIR 
type inverse filter for flattening the output sound pressure 
characteristic of the speaker, delay time compensating circuit 
for compensating the delay times among the channels, 
interpolation circuit for turning back sampling frequency to 
input signal frequency, and the D/A converter circuit for 
converting digital signal into analog signal, and further, the 
overall characteristic compensating linear phase type FIR filter, 
so that the output sound pressure characteristic of the radiation 
sounds, delay time differences and phase differences are 
compensated, and further, the output sound pressure 
characteristic of the overall radiation sounds are flattened and 
the characteristics are controlled. Thus, the present invention 
has advantages to realize a speaker system in which a high 
fidelity-wise reproduction of the sounds is possible without 
sound pressure distortions. 

Fig. 17 is a block diagram showing other embodiment of the 
acoustic system according to the present invention. Referring to 
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Fig. 17, reference numbers 2, 2i , 22... 2n represent power 
amplifiers, reference numbers 3, 3i , 3a •••3n represent speaker 
units, reference number 20 designates a digital channel divider 
according to the present invention, reference numbers 4, 4i , 
42 ...4n represent a frequency band dividing circuit which 
constructs the digital channel divider 10, reference numbers 6, 
6i , 62... 6n represent digital high pass filters for restricting 
inputting to the speaker units 3, 3i , 32... 3n at a low 
frequency area, and number 7 represents a component of the 
digital channel divider 10 and also a characteristic compensating 
inverse filter for flattening the amplitude characteristic of the 
overall transmission frequency response of the channels and for 
realizing a linear phase frequency characteristic, reference 
numbers 7i , 72,... 7n represent characteristic compensating FIR 
filters being a component of the characteristic compensating 
inverse filter 7, reference numbers 7i 1 , 722... 7nn represent 
inverse filter factor generating circuits, reference numbers 5, 
5i , 52... 5n represent D/A converter circuits for converting 
digital signals into analog signals, and reference number 20 
designates a sound pressure frequency characteristic measuring 
microphone. 

Referring to Fig. 17, the operation will be described 
hereinafter. Digital input signal is first led to the frequency 
band dividing circuit 4. In the frequency band dividing circuit 
4, frequency band is divided into a desired frequency bands by 
means of digital filters such as FIR filter and IIR filter. 

The output signal from the frequency band dividing circuit 4 
is next inputted in the digital high pass filter 6 and the input 
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level is reduced at a frequency below the lowest resonance 
frequency of the speaker unit. The reason for using the digital 
high pass filter 6 will be described later. 

The digital output signal which is restricted, by the 
digital high pass filter 6, to be inputted at a frequency below 
the lowest resonance frequency is next inputted in the 
characteristic compensating inverse filter 7. At the 
characteristic compensating inverse filter 7, the output signal 
from the digital high pass filter 6 and the factor data of the 
factor generating circuits 7i i . 2 2 7...7nn which give inverse 
characteristic of the sound pressure frequency characteristic of 
the speaker unit undergo real time convolution operations by 
means of compensating FIR filters 7i , 72... 7n, thereby 
generating a digital signal whose characteristic is compensated. 

Thus, the digital signal whose characteristic has been 
previously compensated by the characteristic compensating inverse 
filter 7 is further converted into analog signal at the D/A 
converter circuits 5, 5i , 5 2 ...5n, and is led to the speaker 
units 3, 3i , 3 2 ...3n through the power amplifiers 2, 2i , 2 2 ...2n. 
At the speaker units 3, 3i , 3 2 ...3n, the compensated analog 
signal and an impulse response of the speaker unit sound pressure 
undergo convolution operations, so that the sound pressure 
frequency characteristic is flattened and a linear phase 
frequency characteristic can be obtained finally. 

Referring to Fig. 17, as for the factor data of the inverse 
filter factor generating circuits 7n, 7 2 2 ...7nn, in relation 
with factor data which gives inverse characteristic of the sound 
pressure frequency characteristic of the speaker units 3, 3i , 
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32... 3n or the line which starts from inputting of the digital 
signal and ends by reaching finally the microphone 20 (including 
the sound wave propagation times ti , t2 . . .tn from speaker units 
3, 3i , 32...3n to the microphone 20), factor data which give 
inverse characteristic of the overall transmission frequency 
response excepting the digital high pass filter 6 and the 
characteristic compensating inverse filter 7 is to be set. 

The reason of the above is that the frequency characteristic 
of the compensated analog signal and the sound pressure frequency 
of the speaker unit are compensated each other, so that flat 
sound pressure and linear phase are provided at least at the 
frequency above the lowest resonance frequency of the speaker 
unit and fidelity-wise transmission and reproduction of the sound 
signals are provided. 

Fig. 18 shows electric sound characteristic of a general 
speaker unit in relation with a sound pressure frequency 
characteristic 31 and an electric impedance 33. As shown in Fig. 
18, the sound pressure level of the sound pressure frequency 
characteristic 31 generally decreases in the low frequency 
domain. Accordingly, as for the frequency characteristic 32 of 
the characteristic compensating inverse filter 7, the sound level 
pressure will be necessarily a raised sound pressure of the low 
frequency domain. As a result, if the characteristic 
compensating inverse filter 7 is provided, the input voltage to 
the speaker unit increases rapidly at the low frequency domain, 
resulting in damage of the speaker unit. 

The object of the use of the digital high pass filter 6 is 
to restrict an excessive input to the speaker unit at the low 
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frequency domain such as mentioned above. The input level of the 
low frequency domain decreases rapidly particularly when a cut- 
off frequency of the digital high pass filter 6 is set to a 
resonance frequency approximating to the lowest resonance 
frequency of the speaker unit, so that the excessive input to the 
speaker unit can be restrained effectively. 

As described above, by providing the digital high pass 
filter 6 and the characteristic compensating inverse filter 7 as 
components of the digital channel divider 10, a fidelity-wise 
reproduction of the sound signals and prevention of the excessive 
input can be realized simultaneously. 

Needless to say, the above-mentioned operation is the same 
even if the order in the row of the frequency band dividing 
circuit 4 and the characteristic compensating inverse filter 7 is 
changed . 

Fig. 19 is a block diagram showing other embodiment of the 
acoustic system of the present invention, in which the digital 
channel divider is used in the multi-channel amplifier type 
speaker system. 

Referring to Fig. 19, the basic operation is the same as 
Fig. 17, and the fidelity-wise reproduction of the sound signals 
and the prevention of the excessive input can be realized 
simultaneously by the same reason. 

A point different from Fig. 18 is that a high 
pass/characteristic compensating filter 67, which is an 
integration of the digital high pass filter 6 and the 
characteristic compensating inverse filter 7, is provided. 

Here, meaning of the integration is as follows. That is. 



- 28 - 



the digital high pass filter 6 is realized by the FIR type 
filter. The filter factor data thereof and the factor data of 
the factor generating circuits 7n, 72 2...7nn which give 
inverse characteristic of the speaker unit undergo convolution 
operations previously, and the result thereof is made to be new 
factor data so as to construct the FIR type digital filter. 

Referring to Fig, 19, reference numbers 67i , 672 ... 67n 
represent a high pass/characteristic compensating FIR type 
filters for the above-mentioned object, and reference numbers 
67n, 672 2 ...67nn designate factor generating circuits of the 
high pass/characteristic compensating filter having new factor 
data obtained from the result of the convolution operations. 

Fig. 20 is a block diagram showing the embodiment of the 
acoustic system of the present invention, in which the digital 
channel divider is used in the multi-channel amplifier type 
speaker system. 

Referring to Fig. 20, the basic operation is the same in 
Figs. 17 and 19. With the same reason, the fidelity-wise 
reproduction of the sound signals and the prevention of the 
excessive input can be realized simultaneously. 

A point different from Figs. 17 and 19 is that a frequency 
band dividing/high pass/characteristic compensating filter 67 is 
provided, which is an integration of the frequency band dividing 
circuit 4, the digital high pass filter 6, and the characteristic 
compensating inverse filter 7. 

Here, meaning of the integration is same as the above. That 
is, the frequency band dividing circuit 4 and the digital 
high pass filter 6 are realized by the FIR type filter, whose 
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filter factor data are previously calculated with convolution 
operations, and further, the result of the convolution operations 
and the factor data of the factor generating circuits 7n, 
7 2 2...7nn which give inverse characteristic of the speaker unit 
are calculated by convolution operations, so that the result of 
the convolution operations obtained finally is made to be new 
factor data for constructing FIR type digital filter. 

Referring to Fig. 20, reference numbers 467i , 4672o..467n 
represent a frequency band dividing/high pass/characteristic 
compensating FIR type filter, and reference numbers 467n, 
46722 -467nn represent a factor generating circuit for the 
frequency band dividing/high pass/characteristic compensating 
filter having new factor data obtained as a result of the 
convolution operations • 

As described above, the digital channel divider of the 
present invention is provided with the characteristic 
compensating inverse filter for producing the flat overall sound 
pressure frequency response and realizing the linear phase 
frequency response and is provided with the digital high pass 
filter for reducing the input at, below the lowest resonance 
frequency, thereby realizing the fidelity-wise reproduction of 
the sound signals and preventing the excessive input in the 
speaker unit- 
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CLAIMS 

1. An acoustic system having a plurality of filters connected 
in parallel which can set a desired transmission frequency 
response optionally for digital input signals and outputted 
signals from respective filters are outputted independently, 
comprising: 

a characteristic compensating inverse filter wherein a time 
series impulse response which is previously calculated based on 
an inverse characteristic for flattening the amplitude 
characteristic of an overall transmission frequency response and 
for producing a linear phase frequency response is made to be a 
filter factor, and the filter factor and the digital input 
signals undergo convolution operations. 

2. An acoustic system for a multi-channel amplifier type 
speaker system having a digital signal processing circuit section 
and exclusive power amplifiers and speaker units for every 
frequency band, characterized in that: 

the digital signal processing circuit section comprises one 
or more A/D converter, digital band dividing circuits provided 
for each channel, digital inverse filter for flattening output 
sound pressure characteristics of the speaker units, and a D/A 
converter, 

said digital band dividing circuits are provided for 
performing real time convolution operations of an input signal 
and a filter factor which gives a frequency band dividing 
characteristic by means of linear phase FIR filter. 
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said digital inverse filter is provided for performing real 
time convolution operations of the input signal and the filter 
factor which gives an inverse characteristic of the output sound 
pressure characteristics of the speaker units, 

3. The acoustic system according to claim 2, comprising a 
digital delay time compensating circuit disposed prior to the D/A 
converter in the digital signal processing circuit section. 

4. The acoustic system according to claim 3, wherein a delay 
time at said digital delay time compensating circuit is set such 
that all delay times for each channel until input signals 
finally reach a microphone coincide. 

5. The acoustic system according to claim 3, wherein said 
digital delay time compensating circuit temporarily stores a 
digital input signal in a buffer memory by using a delay control 
circuit, and this data is called after a fixed time. 

6. The acoustic system according to claim 3, wherein said 
digital delay time compensating circuit performs real time 
convolution operations of input signals and delay factors by 
means of linear phase FIR filter. 

7. An acoustic system having a digital signal processing 
circuit section, exclusive power amplifiers and speaker units for 
each frequency band, characterized in that: 

the digital signal processing circuit section comprises one 
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or more A/D converter, an integrated FIR type filter for performing 
convolution operations of a filter factor which gives a frequency 
band dividing characteristic and a filter factor which gives an 
inverse characteristic of the output sound pressure 
characteristic of the speaker units and performing real time 
convolution operations of the factor data resulted from said 
convolution operations and an input signal by means of the FIR 
type filter, and a D/A converter, characterized in that: 

the digital delay time compensating circuit is provided for 
making all delay times for each channel until analog input 
signals finally reach a microphone through the A/D converter, the 
integrated FIR type filter, the exclusive amplifiers, the speaker 
units, and the like coincide • 

8. The acoustic system according to claim 7, wherein said 
digital signal processing circuit section comprises said one or 
more A/D converter, an integrated FIR type filter for performing 
convolution operations of a filter factor which gives a frequency 
band dividing characteristic and a filter factor which gives an 
inverse characteristic of the output sound pressure 
characteristic of the speaker units and a delay factor of a delay 
compensating circuit and for performing real time convolution 
operations of the factor data resulted from said convolution 
operations and an input signal by means of the FIR type filter, 
and a D/A converter, 

9. An acoustic system for a multi-channel amplifier type 
speaker system having a digital signal processing circuit section 
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and exclusive power amplifiers and speaker units for each 
frequency band, characterized in that: 

the digital signal processing circuit section comprises 
digital band dividing circuits provided for each channel, digital 
inverse filter for flattening output sound pressure 
characteristics of the speaker units, and a D/A converter, 
said digital band dividing circuits are provided for 
performing real time convolution operations of an input signal 
and a filter factor which gives a frequency band dividing 
characteristic by means of linear phase FIR filter, 

said digital inverse filter is provided for performing real 
time convolution operations of the input signal and the filter 
factor which gives an inverse characteristic of the output sound 
pressure characteristics of the speaker units by means of the FIR 
type filter, further, 

the digital delay time compensating circuit is provided for 
making all delay times for each channel until input signals 
finally reach a microphone through the channel divider, the 
exclusive amplifiers, the speaker units and the like coincide, 
an A/D converter is provided prior to said digital signal 
processing circuit section, and 

a linear phase FIR type filter is provided for giving the 
inverse characteristic to flatten the overall sound pressure 
characteristic of each channel or for giving optional 
characteristic, disposed prior to said digital signal processing 
circuit section. 



10. An acoustic system for a multi-channel amplifier type 
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12. The acoustic system according to claim 10 or 11, wherein the 
digital delay time compensating circuit is consisted of a memory 
for storing a digital signal temporarily and a delay time 
processing circuit section for calling the stored digital signal 
after a fixed time. 

13. The acoustic system according to claim 10 or 11, wherein the 
digital delay time compensating circuit performs real time 
convolution operations of the digital input signal and the delay 
factor by means of the linear phase type FIR filter. 

14. The acoustic system according to claim 10 or 13, wherein the 
filter factor which gives the frequency band dividing 
characteristic and the filter factor which gives the inverse 
characteristic of the output sound pressure characteristic of the 
speakers undergo convolution operations previously, and the 
frequency band dividing circuit and the inverse filter are 
integrated by performing real time convolution operations of the 
input signal and the factor data resulted from the convolution 
operations by means of the FIR filter. 

15. The acoustic system according to claim 10 or 11, wherein the 
filter factor which gives the frequency band dividing 
characteristic, the filter factor which gives the inverse 
characteristic of the output sound pressure characteristic of the 
speaker units, and the delay compensating factor of the delay 
time compensating circuit undergo convolution operations 
previously, then the FIR type filter performs the real time 
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speaker system having a digital signal processing circuit section 
and exclusive power amplifiers and speaker units for each 
frequency band, characterized in that: 

the digital signal processing circuit section comprises 
decimation circuits provided for each channel, digital frequency 
band dividing circuits, characteristic compensating inverse 
filters for flattening output sound pressure characteristics of 
the speaker units, and a D/A converter, 

said digital frequency band dividing circuit is provided for 
performing real time convolution operations of a digital input 
signal and a filter factor which gives a frequency band dividing 
characteristic by means of linear phase type FIR filter, 

characteristic compensating inverse filter is provided 
for performing real time convolution operations of the input 
signal and the filter factor which gives an inverse 
characteristic of the output sound pressure characteristics of 
the speaker units by means of the FIR type filter, further, 

delay time compensating circuit is provided for adjusting 
delay time differences among the channels so as to make delay 
times for each channel until they finally reach a microphone 
through said digital signal processing circuit section, the power 
amplifiers, and the speaker units coincide, 

11. The acoustic system according to claim 10, wherein the 
digital signal processing circuit section comprises prior to said 
D/A converter an interpolation circuit for turning back the 
sampling frequency to the digital input signal frequency- 
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convolution operations of the input signal and the factor data 
resulted from the convolution operations, so that the frequency 
band dividing circuit, inverse filter, and the delay compensating 
circuit are integrated, 

16. The acoustic system according to claims 10 through 15, 
wherein the decimation circuit is consisted of a FIR type anti- 
aliasing filter, a decimation filter factor generating 
circuit, and a decimation processing section for thinning out the 
digital data. 

17. The acoustic system according to claims 9 through 15, 
wherein a linear phase type FIR filter and a filter factor 
generating circuit for giving the inverse characteristic to 
flatten the overall sound pressure characteristic of each channel 
or for giving an optional characteristic are provided at a stage 
prior the decimation circuit provided in the digital signal 
processing circuit section, so that real time convolution 
operations of the digital input signal and the filter factor 
which gives the inverse characteristic of the overall sound 
pressure characteristic or an optional characteristic is 
performed by means of the linear phase type FIR filter. 

18. The acoustic system according to claims 10 through 17, 
wherein an A/D converter comprising the anti-aliasing filter is 
provided at a stage prior to the digital signal processing 
circuit section. 
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19. An acoustic system having a plurality of filters connected 
in parallel which can set optionally a desired transmission 
frequency response for a digital input signal, wherein a signal 
outputted from each filter is outputted independently, comprising: 

an inverse filter for giving an inverse characteristic of 
the sound pressure frequency characteristic of speaker units 
connected to each channel, and a digital high pass filter in 
which a cut-off frequency thereof coincides approximately with 
the^ lowest resonance frequency of the speaker units provided on 
one or more channel, so that the sound waves of the speaker units 
are supplied to a microphone. 

20. The acoustic system according to claim 19, wherein said 
inverse filter supplies the inverse characteristic of the overall 
transmission frequency response excepting the digital high pass 
filter and the sound pressure characteristic compensating inverse 
filter of the speaker units, in relation with the line from the 
input of the digital signal until it finally reaches the 
microphone. 

21. The acoustic system according to claim 19, wherein said 
digital high pass filter eliminates a direct current input to be 
loaded to the speaker units. 

22. The acoustic system according to claim 19 or 20 or 21, 
wherein the FIR type filter is used as a digital high pass filter 
and an inverse filter. 
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23. The acoustic system according to claims 19 through 21, 
wherein the digital high pass filter and the factor data of the 
FIR type digital filter which is set as an inverse filter are 
convoluted, so that a FIR type filter which is an integration of 
said digital high pass filter and inverse filter is provided in 
one or more channel . 

24. The acoustic system according to claims 19 through 21, 
wherein a circuit consisting of the frequency band dividing 
circuit, digital high pass filter and the inverse filter is 
constructed with the FIR type digital filter in which a factor 
data is convoluted, said FIR type filter is provided in one or 
more channel . 

25- An acoustic system constructed and arranged to operate 
substantially as hereinbefore described with reference to and 
as illustrated in the accompanying drawings. 



Patents Act 1977 ^ 1 

Examiner's report to the Comptroller under 
f rtion 17 (The Search Report) 



Application number 



9109227 . ( 



Relevant Technical fields 



(i) UK CI (Edition 



K 



) 



H4R-- (RPX) 



(ii) Int CI (Edition 5 ) H04B 3/00 , 3/02 

Databases (see over) 
(i) UK Patent Office 



ONLINE WPI, INSPEC 



Search Examiner 
K WILLIAMS 



Date of Search 

25.9.91 



Documents considered relevant following a search in respect of claims 



1-24 



Category 
(see over) 



Identity of document and relevant passages 



Relevant to 
claim{s) 



NONE 



SF2(p) 

2MSABK 



Category 



Identity of document and relevant passages 



Relevant 
to claim(s) 



Categories of documents 

X: Document indicating lack of novelty or of 
inventive step. 

Y: Document indicating lack of inventive step if 
combined with one or more other documents of the 
same category. 

A: Document indicating technological background 
and/or state of the art. 



P: Document published on or after the declared 
priority date but before the filing date of the 
present application. 

E: Patent document published on or after, but with 
priority date earlier than, the filing date of the 
present application. 

8c Member of the same patent family, 
corresponding document. 



Databases: The UK Patent Office database comprises classified collections of GB, EP, WO and US 
patent specifications as outlined periodically in the Official Journal (Patents). The on-line databases 
considered for search are also listed periodically in the Official Journal (Patents). 



Published 1992 at The Patent OfHcc. Concept House. Cardiff Road. Newport. Gwent NP9 IRH. Further copies may be obtained from 
Sates Branch. Unit 6. Nine Mile Point. Cwmfcllnfach. Cross Keys. Newport. NP1 7H2. Printed by Multiplex techniques ltd. St Mnry Cray. Kent. 



THIS PAGE BUNK 



(USPTOJ 



